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LOW-COMPLEXITY CODE EXCITED 
LINEAR PREDICTION ENCODING 

TECHNICAL FIELD 

The present invention relates in general to audio coding, 
and in particular to code excited linear prediction coding. 

BACKGROUND 

Existing stereo, or in general multi-channel, coding tech 
niques require a rather high bit-rate. Parametric stereo is often 
used at very loW bit-rates. However, these techniques are 
designed for a Wide class of generic audio material, i.e. music, 
speech and mixed content. 

In multi-chamel speech coding, very little has been done. 
Most Work has focused on an inter-channel prediction (ICP) 
approach. ICP techniques utiliZe the fact that there is corre 
lation betWeen a left and a right channel. Many different 
methods that reduce this redundancy in the stereo signal are 
described in the literature, eg in [l][2][3]. 

The ICP approach models quite Well the case Where there 
is only one speaker, hoWever it fails to model multiple speak 
ers and diffuse sound sources (e. g. diffuse background 
noises). Therefore, encoding a residual of ICP is a must in 
several cases and puts quite high demands on the required 
bit-rate. 

Most existing speech codes are monophonic and are based 
on the code-excited linear predictive (CELP) coding model. 
Examples include AMR-NB andAMR-WB (Adaptive Multi 
Rate NarroW Band and Adaptive Multi-Rate Wide Band). In 
this model, i.e. CELP, an excitation signal at an input of a 
short-term LP syntheses ?lter is constructed by adding tWo 
excitation vectors from adaptive and ?xed (innovative) code 
books, respectively. The speech is synthesiZed by feeding the 
tWo properly chosen vectors from these codebooks through 
the short-term synthesis ?lter. The optimum excitation 
sequence in a codebook is chosen using an analysis-by-syn 
thesis search procedure in Which the error betWeen the origi 
nal and synthesiZed speech is minimized according to a per 
ceptually Weighted distortion measure. 

There are tWo types of ?xed codebooks. A ?rst type of 
codebook is the so-called stochastic codebooks. Such a code 
book often involves substantial physical storage. Given the 
index in a codebook, the excitation vector is obtained by 
conventional table lookup. The siZe of the codebook is there 
fore limited by the bit-rate and the complexity. 
A second type of codebook is an algebraic codebook. By 

contrast to the stochastic codebooks, algebraic codebooks are 
not random and require virtually no storage. An algebraic 
codebook is a set of indexed code vectors Whose amplitudes 
and positions of the pulses constituting the kth code vector are 
derived directly from the corresponding index k. This 
requires virtually no memory requirements. Therefore, the 
siZe of algebraic codebooks is not limited by memory require 
ments. Additionally, the algebraic codebooks are Well suited 
for e?icient search procedures. 

It is important to note that a substantial and often also major 
part of the speech codec available bits are allocated to the 
?xed codebook excitation encoding. For instance, in the 
AMR-WB standard, the amount of bits allocated to the ?xed 
codebook procedures ranges from 36% up to 76%. Addition 
ally, it is the ?xed codebook excitation search that represents 
most of the encoder complexity. 

In [7], a multi-part ?xed codebook including an individual 
?xed codebook for each channel and a shared codebook com 
mon to all channels is used. With this strategy it is possible to 
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2 
have a good representation of the inter-channel correlations. 
HoWever, this comes at an extent of increased complexity as 
Well as storage. Additionally, the required bit rate to encode 
the ?xed codebook excitations is quite large because in addi 
tion to each channel codebook index one needs also to trans 
mit the shared codebook index. In [8] and [9], similar meth 
ods for encoding multi-channel signals are described Where 
the encoding mode is made dependent on the degree of cor 
relation of the different channels. These techniques are 
already Well knoWn from Left/ Right and Mid/ Side encoding, 
Where sWitching betWeen the tWo encoding modes is depen 
dent on a residual, thus dependent on correlation. 

In [10], a method for encoding multichannel signals is 
described Which generaliZes different elements of a single 
channel linear predictive codec. The method has the disad 
vantage of requiring an enormous amount of computations 
rendering it unusable in real-time applications such as con 
versational applications. Another disadvantage of this tech 
nology is the amount of bits needed in order to encode the 
various decorrelation ?lters used for encoding. 

Another disadvantage With the previously cited solutions 
described above is their incompatibility toWards existing 
standardiZed monophonic conversational codecs, in the sense 
that no monophonic signal is separately encoded thus prohib 
iting the ability to directly decode a monophonic only signal. 

SUMMARY 

A general problem With prior art speech coding is that it 
requires high bit rates and complex encoders. 
A general object of the technology disclosed herein is thus 

to provide improved methods and devices for speech coding. 
A subsidiary object of the technology disclosed herein is to 
provide CELP methods and devices having reduced require 
ment in terms of bit rates and encoder complexity. 

In general Words, excitation signals of a ?rst signal 
encoded by CELP are used to derive a limited set of candidate 
excitation signals for a second signal. Preferably, the second 
signal is correlated With the ?rst signal. In a particular 
example embodiment, the limited set of candidate excitation 
signals is derived by a rule, Which Was selected from a pre 
determined set of rules based on the encoded ?rst signal 
and/or the second signal. Preferably, pulse locations of the 
excitation signals of the ?rst encoded signal are used for 
determining the set of candidate excitation signals. More 
preferably, the pulse locations of the set of candidate excita 
tion signals are positioned in the vicinity of the pulse loca 
tions of the excitation signals of the ?rst encoded signal. The 
?rst and second signals may be multi-channel signals of a 
common speech or audio signal. HoWever, the ?rst and sec 
ond signals may also be identical, Whereby the coding of the 
second signal can be utiliZed for re-encoding at a loWer bit 
rate. 
One advantage of the technology disclosed herein is that 

the coding complexity is reduced. Furthermore, in the case of 
multi-channel signals, the required bit rate for transmitting 
coded signals is reduced. Also, the technology disclosed 
herein may be ef?ciently applied to re-encoding the same 
signal at a loWer rate. Another advantage of the technology 
disclosed herein is the compatibility With mono signals and 
the possibility to be implemented as an extension to existing 
speech codecs With very feW modi?cations. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The invention, together With further objects and advan 
tages thereof, may best be understood by making reference to 
the folloWing description taken together With the accompa 
nying draWings, in Which: 
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FIG. 1A is a schematic illustration of a code excited linear 

prediction model; 
FIG. 1B is a schematic illustration of a process of deriving 

an excitation signal; 
FIG. 1C is a schematic illustration of an embodiment of an 

excitation signal for use in a code excited linear prediction 
model; 

FIG. 2 is a block scheme of an embodiment of an encoder 
and decoder according to the code excited linear prediction 
model; 

FIG. 3A is a diagram illustrating one example embodiment 
of a principle of selecting candidate excitation signals; 

FIG. 3B is a diagram illustrating another example embodi 
ment of a principle of selecting candidate excitation signals; 

FIG. 4 illustrates a possibility to reduce required data enti 
ties according to an example embodiment; 

FIG. 5A is a block scheme of an example embodiment of 
encoders and decoders for tWo signals; 

FIG. 5B is a block scheme of another example embodiment 
of encoders and decoders for tWo signals; 

FIG. 6 is a block scheme of an example embodiment of 
encoders and decoders for re-encoding of a signal; 

FIG. 7 is a block scheme of an example embodiment of 
encoders and decoders for parallel encoding of a signal for 
different bit rates; 

FIG. 8 is a diagram illustrating the perceptual quality 
achieved by example embodiments; 

FIG. 9 is a How diagram of steps of an example embodi 
ment of an encoding method; 

FIG. 10 is a How diagram of steps of another example 
embodiment of an encoding method; and 

FIG. 11 is a flow diagram of steps of an example embodi 
ment of a decoding method. 

DETAILED DESCRIPTION 

A general CELP speech synthesis model is depicted in 
FIG. 1A. A ?xed codebook 10 comprises a number of candi 
date excitation signals 30, characterized by a respective index 
k. In the case of an algebraic codebook, the index k alone 
characterizes the corresponding candidate excitation signal 
30 completely. Each candidate excitation signal 30 comprises 
a number of pulses 32 having a certain position and ampli 
tude. An index k determines a candidate excitation signal 30 
that is ampli?ed in an ampli?er 11 giving rise to an output 
excitation signal ck(n) 12. An adaptive codebook 14, Which is 
not the primary subject of the technology disclosed herein, 
provides an adaptive signal v(n), via an ampli?er 15. The 
excitation signal c k(n) and the adaptive signal v(n) are 
summed in an adder 17, giving a composite excitation signal 
u(n).The composite excitation signal u(n) in?uences the 
adaptive codebook for subsequent signals, as indicated by the 
dashed line 13. 

The composite excitation signal u(n) is used as input signal 
to a transform l/A(z) in a linear prediction synthesis section 
20, resulting in a “predicted” signal s(n) 21, Which, typically 
after post-processing 22, is provided as the output from the 
CELP synthesis procedure. 

The CELP speech synthesis model is used for analysis-by 
synthesis coding of the speech signal of interest. A target 
signal s(n), i.e. the signal that is going to be resembled is 
provided. A long-term prediction is made by use of the adap 
tive codebook, adjusting a previous coding to the present 
target signal, giving an adaptive signal v(n):gpu(n—6). The 
remaining difference is the target for the ?xed codebook 
excitation signal, Whereby a codebook index k corresponding 
to an entry ck should minimize the difference according to 
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4 
typically an objective function, eg a mean square measure. 
In general, the algebraic codebook is searched by minimizing 
the mean square error betWeen the Weighted input speech and 
the Weighted synthesis speech. The ?xed codebook search, 
aims to ?nd the algebraic codebook entry ck corresponding to 
index k, such that 

2 
Q _ (yZHco 

k CZHTHCk, 

is maximized. The matrix H is a ?ltering matrix Whose ele 
ments are derived from the impulse response of a Weighting 
?lter. y2 is a vector of components Which are dependent on the 
signal to be encoded. 

This ?xed codebook procedure can be illustrated as in FIG. 
1B, Where an index k selects an entry c k from the ?xed code 
book 10 as excitation signal 12. In a stochastic ?xed code 
book, the index k typically serves as an input to a table 
look-up, While in an algebraic ?xed codebook, the excitation 
signal 12 are derived directly from the index k. In general the 
multi-pulse excitation can be Written as: 

P 

Ck (n) = z bi,k 5W — PM), 

Where pi’k are the pulses positions for index k, While bi’k are 
the individual pulses amplitudes and P is the number of pulses 
and 6 is the Dirac pulse function: 

6(0):l, 6(n):0 for 11:0. 

FIG. 1C illustrates an example of a candidate excitation 
signal 30 of the ?xed codebook 10. The candidate excitation 
signal 30 is characterized by a number of pulses 32, in this 
example 8 pulses. The pulses 32 are characterized by their 
position P(1)-P(8) and their amplitude, Which in a typical 
algebraic ?xed codebook is either +1 or —I. 

In an encoder/decoder system for a single channel, the 
CELP model is typically implemented as illustrated in FIG. 2. 
The different parts corresponding to the different functions of 
the CELP synthesis model of FIG. 1A are given the same 
reference numbers, since the parts mainly are characterized 
by their function and typically not in the same degree by their 
actual implementation. For instance, error Weighting ?lters, 
usually present in an actual implementation of a linear pre 
diction analysis by synthesis are not represented. 
A signal to be encoded s(n) 33 is provided to an encoder 

unit 40. The encoder unit comprises a CELP synthesis block 
25 according to the above discussed principles. (Post-pro 
cessing is omitted in order to facilitate the reading of the 
?gure.) The output from the CELP synthesis block 25 is 
compared With the signal s(n) in a comparator block 31. A 
difference 37, Which may be Weighted by a Weighting ?lter, is 
provided to an codebook optimization block 35, Which is 
arranged according to any prior-art principles to ?nd an opti 
mum or at least reasonably good excitation signal ck(n) 12. 
The codebook optimization block 35 provides the ?xed code 
book 10 With the corresponding index k. When the ?nal 
excitation signal is found, the index k and the delay 6 of the 
adaptive codebook 12 are encoded in an index encoder 38 to 
provide an output signal 45 representing the index k and the 
delay 6. 
The representation of the index k and the delay 6 is pro 

vided to a decoder unit 50. The decoder unit comprises a 
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CELP synthesis block 25 according to the above discussed 
principles. (Post-processing is also here omitted in order to 
facilitate the reading of the ?gure.) The representation of 
index k and delay 6 are decoded in an index decoder 53, and 
index k and delay 6 are provided as input parameters to the 
?xed codebook and the adaptive code, respectively, resulting 
in a synthesiZed signal s(n) 21, Which is supposed to resemble 
the original signal s(n). 

The representation of the index k and the delay 6 can be 
stored for a shorter or longer time anyWhere betWeen the 
encoder and decoder, enabling e.g. audio recordings storing 
requiring relatively small storing capability. 

The technology disclosed herein is related to speech and in 
general audio coding. In a typical case, it deals With cases 
Where a main signal s M(n) has been encoded according to the 
CELP technique and the desire is to encode another signal 
s s(n). The other signal could be the same main signal s s(n): 
s M(n), e. g. during re-encoding at a loWer bit rate, or an 
encoded version of the main signal s S(n):s M(n), or a signal 
corresponding to another channel, e.g. stereo, multi-channel 
5.1, etc. 
The technology disclosed herein is thus directly applicable 

to stereo and in general multi-channel coding for speech in 
teleconferencing applications. The application of the technol 
ogy disclosed herein can also include audio coding as part of 
an open-loop or closed-loop content dependent encoding. 

There should preferably exist a correlation betWeen the 
main signal and the other signal, in order for the technology 
disclosed herein to operate in optimal conditions. HoWever, 
the existence of such correlation is not a mandatory require 
ment for the proper operation of the technology disclosed 
herein. In fact, the technology disclosed herein can be oper 
ated adaptively and made dependent on the degree of corre 
lation betWeen the main signal and the other signal. Since 
there exist no causal relationship betWeen a left and right 
channel in stereo applications, the main signal s M(n) is often 
chosen as the sum signal and s s(n) as the difference signal of 
the left and right channels. 
A presumption of the technology disclosed herein is that 

the main signal sM(n) is available in a CELP encoded repre 
sentation. One basic idea ofthe technology disclosed herein is 
to limit the search in the ?xed codebook during the encoding 
of the other signal sS(n) to a subset of candidate excitation 
signals. This subset is selected dependent on the CELP 
encoding of the main signal. In a preferred example embodi 
ment, the pulses of the candidate excitation signals of the 
subset are restricted to a set of pulse positions that are depen 
dent on the pulse positions of the main signal. This is equiva 
lent to de?ning constrained candidate pulse locations. The set 
of available pulse positions can typically be set to the pulse 
positions of the main signal plus neighboring pulse positions. 

This reduction of the number of candidate pulses reduces 
dramatically the computational complexity of the encoder. 

BeloW, an illustrative example is given for the general case 
of tWo channel signals. HoWever, this is easily extended to 
multiple channels. HoWever, in the case of multiple channels, 
the target may be different given different Weighting ?lters on 
each channel, but also the targets on each channels may be 
delayed With respect to each other. 
A main channel and a side channel can be constructed by 

Where sL(n) and sR(n) are the input of the left and right 
channel respectively. One can clearly see that even if the left 
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6 
and right channel Were a delayed version of each other, then 
this Would not be the case for the main and the side channel, 
since in general these Would contain information from both 
channels. 

In the folloWing, it is assumed that the main channel is the 
?rst encoded channel and that the pulses locations for the 
?xed codebook excitation for that encoding are available. 
The target for the side signal ?xed codebook excitation 

encoding is computed as the difference betWeen the side 
signal and the adaptive codebook excitation: 

Where g Pv(n) is the adaptive codebook excitation and sC(n) is 
the target signal for adaptive codebook search. 

In the present embodiment, the number of potential pulse 
positions of the candidate excitation signals are de?ned rela 
tive to the main signal pulse positions. Since they are only a 
fraction of all possible positions, the amount of bits required 
for encoding the side signal With an excitation signal Within 
this limited set of candidate excitation signals is therefore 
largely reduced, compared With the case Where all pulse posi 
tions may occur. 

The selection of the pulses candidate positions relatively to 
the main pulse position is fundamental in determining the 
complexity as Well as the required bit-rate. 

For example, if the frame length is L and if the number of 
pulses in the main signal encoding is N, then one Would need 
roughly N*log 2(L) bits to encode the pulse positions. HoW 
ever for encoding the side signal, if one retains only the main 
signal pulse positions as candidates, and the number of pulses 
in candidate excitation signals for the side signal is P, then one 
needs roughly P*log 2(N) bits. For reasonable numbers for N, 
P and L, this corresponds to quite a reduction in bit rate 
requirements. 
One interesting aspect is When the pulse positions for the 

side signal are set equal to the pulse positions of the main 
signal. Then there is no encoding of the pulse positions 
needed and only encoding of the pulse amplitudes is needed. 
In the case of algebraic code books With pulses having +l/—l 
amplitudes, then only the signs (N bits) need to be encoded. 

If We denote by PM(i), iIl, . . . n, the main signal pulse 
positions. The pulse positions of candidate excitation signals 
for the side signal are selected based on the main signal pulse 
positions and possible additional parameters. The additional 
parameters may consist of time delay betWeen the tWo chan 
nels and/or difference of adaptive codebook index. 

In this embodiment, the set of pulse positions for the side 
signal candidate excitation signal is constructed as 

Where J(i,k) denote some delay index. This means that each 
mono pulse position generate a set of pulse positions used for 
constructing the candidate excitation signals for the side sig 
nal pulse search procedure. This is illustrated in FIG. 3A. 
Here, P M denotes the pulse positions of the excitation signal 
for the main signal, and P S” denotes possible pulse positions 
of the candidate excitation signals for the side signal analysis. 

This of course is optimal With highly correlated signals. 
For loW correlated or uncorrelated signals the inverse strategy 
Would be adopted. This consists in taking the pulses candi 
dates as all pulses not belonging to the set 

Since this is a complementary case, it is easily understood 
by those skilled in the art that both strategies are similar and 
only the correlated case Will be described in more detail. 

It is easily seen that the position and number of pulse 
candidates is dependent on the delay index J(i,k). The delay 
index may be made dependent on the effective delay betWeen 
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the tWo channels and/or the adaptive codebook index. In FIG. 
3A, k max:3, and J(i,k):J(k)e{—l ,0,+l 

In FIG. 3B, another slightly different selection of pulse 
positions is made. 

Anyone skilled in the art realiZes that the rules hoW to select 
the pulse positions can be constructed in many various man 
ners. The actual rule to use may be adapted to the actual 
implementation. The important characteristics are, hoWever, 
that the pulse positions candidates are selected dependent on 
the pulse positions resulting from the main signal analysis 
folloWing a certain rule. This rule may be unique and ?xed or 
may be selected from a set of predetermined rules dependent 
on eg the degree of correlation betWeen the tWo channels 
and/ or the delay betWeen the tWo channels. 

Dependent on the rule used, the set of pulse candidates of 
the side signal is constructed. The set of the side signal pulse 
candidates is in general very small compared to the entire 
frame length. This alloWs reformulating the objective maxi 
miZation problem based on a decimated frame. 

In the general case, the pulses are searched by using, for 
example, the depth-?rst algorithm described in [5] or by using 
an exhaustive search if the number of candidate pulses is 
really small. HoWever, even With a small number of candi 
dates it is recommended to use a fast search procedure. 

A backWard ?ltered signal is in general pre-computed 
using 

dTIyZTH 

The matrix CIDIHT H is the matrix of correlations of h(n) (the 
impulse response of a Weighting ?lter), elements of Which are 
computed by 

II] 

The objective function can therefore be Written as 

Given the set of possible candidate pulse positions on the 
side signal, only a subset of indices of the backward ?ltered 
vector d and the matrix (I) are needed. The set of candidate 
pulses can be sorted in ascending order 

Ps”(i) are the candidate pulses positions and p is their 
number. It should be noted that p is alWays less than, and 
typically much less than, the frame length L. 

If We denote the decimated signal 

And the decimated correlations matrix (D2 
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8 
(I)2 is symmetric and is positive de?nite. We can directly 

Write 

Where c'k is the neW algebraic code vector. The index becomes 
k' Which is a neW entry in a reduced siZe codebook. 
The summary of these decimation operations is illustrated 

in FIG. 4. In the top of the ?gure, a reduction of an algebraic 
codebook 10 of ordinary siZe to a reduced siZe codebook 10' 
is illustrated. In the middle, a reduction of a Weighting ?lter 
covariance matrix 60 of ordinary siZe to a reduced Weighting 
?lter covariance matrix 60' is illustrated. Finally, in the bot 
tom part, a reduction of a backward ?ltered target 62 of 
ordinary siZe to a reduced siZe backWard ?ltered target 62' is 
illustrated. Anyone skilled in the art realiZes the reduction in 
complexity that is the result of such a reduction. 

Maximizing the objective function on the decimated sig 
nals has several advantages. One of them is the reduction of 
memory requirements, for instance the matrix (I)2 needs loWer 
memory. Another advantage is the fact that because the main 
signal pulse locations are in all cases transmitted to the 
receiver, the indices of the decimated signals are alWays avail 
able to the decoder. This in turn alloWs the encoding of the 
other signal (side) pulse positions relatively to the main signal 
pulse positions, Which consumes much less bits. Another 
advantage is the reduction in computational complexity since 
the maximization is performed on decimated signals. 

In FIG. 5A, an embodiment of a system of encoders 40A, 
40B and decoders 50A, 50B according to the present inven 
tion is illustrated. Many details are similar as those illustrated 
in FIG. 2 and Will therefore not be discussed in detail again, if 
their functions are essentially unaltered. A main signal 33A 
sm(n) is provided to a ?rst encoder 40A. The ?rst encoder 40A 
operates according to any prior art CELP encoding model, 
producing an index km for the ?xed codebook and a delay 
measure 6m for the adaptive codebook. The details of this 
encoding are not of any importance for the present invention 
and is omitted in order to facilitate the understanding of FIG. 
5A. The parameters km and 6m are encoded in a ?rst index 
encoder 38A, giving representations k*m and 6*," of the 
parameters that are sent to a ?rst decoder 50A. In the ?rst 
decoder, the representations k*m and 6*," are decoded into 
parameters km and 6m in a ?rst index decoder 53A. From these 
parameters, the original signal is reproduced according to any 
CELP decoding model according to prior art. The details of 
this decoding are not of any importance for the present inven 
tion and is omitted in order to facilitate the understanding of 
FIG. 5A. A reproduced ?rst output signal 21A sm(n) is pro 
vided. 
A side signal 33B ss(n) is provided as an input signal to a 

second encoder 40B. The second encoder 40B is to most parts 
similar as the encoder of FIG. 2. The signals are noW given an 
index “s” to distinguish them from any signals used for 
encoding the main signal. The second encoder 40B comprises 
a CELP synthesis block 25. According to the present inven 
tion, the index km or a representation thereof is provided from 
the ?rst encoder 40A to an input 45 of the ?xed codebook 10 
of the second encoder 40B. The index km is used by a candi 
date deriving means 47 to extract a reduced ?xed codebook 
10' according to the above presented principles. The synthesis 
of the CELP synthesis block 25' of the second encoder 40B is 
thus based on indices k's representing excitation signals c'k, 
(n) from the reduced ?xed codebook 10'. An index k's is thus 
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found to represent a best choice of the CELP synthesis. The 
parameters k's and 65 are encoded in a second index encoder 
38B, giving representations k' *S and 6 *S of the parameters that 
are sent to a second decoder 50B. 

In the second decoder 50B, the representations k'*s and 6*S 
are decoded into parameters k's and 65 in a second index 
decoder 53B. Furthermore, the index parameter km is avail 
able from the ?rst decoder 50A and is provided to the Input 55 
of the ?xed codebook 10 of the second decoder SOB, in order 
to enabling an extraction by a candidate deriving means 57 of 
a reduced ?xed codebook 10' equal to What Was used in the 
second encoder 40B. From the parameters k's and 6S and the 
reduced ?xed codebook 10', the original side signal is repro 
duced according to ordinary CELP decoding models 25". The 
details of this decoding are performed essentially in analogy 
With FIG. 2, but using the reduced ?xed codebook 10' instead. 
A reproduced side output signal 21B ss(n) is thus provided. 

Selection of the rule to construct the set of candidate 
pulses, eg the indexing function J(i,k), can advantageously 
be made adaptive and dependent on additional inter-channel 
characteristics, such as delay parameters, degree of correla 
tion, etc. In this case, i.e. adaptive rule selection, the encoder 
has preferably to transmit to the decoder Which rule has been 
selected for deriving the set of candidate pulses for encoding 
the other signal. The rule selection could for instance be 
performed by a closed-loop procedure, Where a number of 
rules are tested and the one giving the best result ?nally is 
selected. 

FIG. 5B illustrates an embodiment, using the rule selection 
approach. The mono signal sm(n) and preferably also the side 
signal ss(n) are here additionally provided to a rule selecting 
unit 39. Alternatively to the mono signal, the parameter km 
representing the mono signal can be used. In the rule selection 
unit 39, the signals are analysed, eg with respect to delay 
parameters or degree of correlation. Depending on the results, 
a rule, e.g. represented by an index r is selected from a set of 
prede?ned rules. The index of the selected rule is provided to 
the candidate deriving means 47 for determining hoW the 
candidate sets should be derived. The rule index r is also 
provided to the second index encoder 38B giving a represen 
tation r* of the index, Which subsequently is sent to the second 
decoder 50B. The second index decoder 53B decodes the rule 
index r, Which then is used to govern the operation of the 
candidate deriving means 57. 

In this manner, a set of rules can be provided, Which Will be 
suitable for different types of signals. A further ?exibility is 
thus achieved, just by adding a single rule index in the transfer 
of data. 

The speci?c rule used as Well as the resulting number of 
candidate side signal pulses are the main parameters govem 
ing the bit rate and the complexity of the algorithm. 
As stated further above, exactly the same principles could 

equally Well be is applied for re-encoding of one and the same 
channel. FIG. 6 illustrates an embodiment, Where different 
parts of a transmission path alloWs for different bit rates. It is 
thus applicable as part of a rate transcoding solution. A signal 
s(n) is provided as an input signal 33A to a ?rst encoder 40A, 
Which produces representations k* and 6* of parameters that 
are transmitted according to a ?rst bit rate. At a certain place, 
the available bit rate is reduced, and a re-encoding for loWer 
bit-rates has to be performed. A ?rst decoder 50A uses the 
representations k* and 6* of parameters for producing a 
reproduced signal 21A s(n). This reproduced signal 21A s(n) 
is provided to a second encoder 40B as an input signal 33B. 
Also the index k from the ?rst decoder 50A is provided to the 
second encoder 40B. The index k is in analogy With FIG. 6 
used for extracting a reduced ?xed codebook 10'. The second 
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10 
encoder 40B encodes the signal s(n) for a loWer bit rate, 
giving an index lA<' representing the selected excitation signal 
c';;(n). HoWever, this index IQ‘ is of little use in a distant 
decoder, since the decoder does not have the information 
necessary to construct a corresponding reduced ?xed code 
book. The index lA<' thus has to be associated With an index I}, 
referring to the original codebook 10. This is preferably per 
formed in connection With the faxed codebook 10 and is 
represented in FIG. 6 by the arroWs 41 and 43 illustrating the 
input of IQ‘ and the output of I}. The encoding of the index 1% is 
then performed With reference to a full set of candidate exci 
tation signals. 

In a typical case, a ?rst encoding is made With a bit rate n 
and the second encoding is made With a bit rate m, Where 
n>m. 

In certain applications, for instance real-time transmission 
of live content through different types of netWorks With dif 
ferent capacities (for example teleconferencing), it may also 
be of interest to provide parallel encodings With differing bit 
rates, eg in situation Where real time encoding of the same 
signal at several different bit-rates is needed in order to 
accommodate the different types of netWorks, so-called par 
allel multirate encoding. FIG. 7 illustrates a system, Where a 
signal s(n) is provided to both a ?rst encoder 40A and a 
second encoder 40B. In analogy With previous embodiments, 
the second encoder provides a reduced ?xed codebook 10' 
based on an index ks representing the ?rst encoding. The 
second encoding is here denoted by the index “b”. The second 
encoder 40B thus becomes independent of the ?rst decoder 
50B. Most other parts are in analogy With FIG. 6, hoWever, 
With adapted indexing. 

For these tWo applications, re-encoding of the same signal 
at a loWer rate, the technology disclosed herein offers a sub 
stantial reduction in complexity thus alloWing the implemen 
tation of these applications With loW cost hardWare. 

An embodiment of the above-described algorithm has been 
implemented in association With anAMR-WB speech codec. 
For encoding a side signal, the same adaptive codebook index 
is used as is used for encoding the mono excitation. The LTP 
gain as Well as the innovation vector gain Was not quantiZed. 

The algorithm for the algebraic codebook Was based on the 
mono pulse positions. As described in eg [6], the codebook 
may be structured in tracks. Except for the loWest mode, the 
number of tracks is equal to 4. For each mode a certain 
number of pulses positions is used. For example, for mode 5, 
i.e. 15.85 kbps, the candidate pulse positions are as folloWs 

TABLE 1 

Candidate pulse positions. 

Track Pulse Positions 

1 i0, i4, i8 0, 4, 8, 12, 16, 20, 24, 28, 32, 
36,40, 44,48, 52, 56, 60 

2 i1,i5,i9 1,5, 9, 13,17,21,25,29,33, 
37,41, 45,49, 53, 57, 61 

3 i2,i6,i1O 2, 6, 10, 14, 18, 22, 26, 30, 34, 
38,42, 46, 50, 54, 58, 62 

4 i3,i7,i11 3,7,11,15,19, 23,27,31,35, 
39, 43, 47, 51, 55, 59, 63 

The implemented algorithm retains all the mono pulses as 
the pulse positions of the side signal, i.e. the pulse positions 
are not encoded. Only the signs of the pulses are encoded. 
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TABLE 2 

Side and mono signal pulses. 

Thus, each pulse Will consume only 1 bit for encoding the 
sign, Which leads to a total bit rate equal to the number of 
mono pulses. In the above example, there are 12 pulses per 
sub-frame and this leads to a total bit rate equal to 12 bits>< 
4><50:2.4 kbps for encoding the innovation vector. This is the 
same number of bits required for the very loWest AMR-WB 
mode (2 pulses for the 6.6 kbps mode), but in this case We 
have higher pulses density. 

It should be noted that no additional algorithmic delay is 
needed for encoding the stereo signal. 

FIG. 8 shoWs the results obtained With PEAQ [4] for evalu 
ating the perceptual quality. PEAQ has been chosen since to 
the best knowledge, it is the only tool that provides objective 
quality measures for stereo signals. From the results, it is 
clearly seen that the stereo 100 does in fact provide a quality 
lift With respect to the mono signal 102. The used sound items 
Were quite various, sound 1, S1, is an extract from a movie 
With background noise, sound 2, S2, is a 1 min radio record 
ing, sound 3, S3, a cart racing sport event, and sound 4, S4, is 
a real tWo microphone recoding. 

FIG. 9 illustrates an embodiment of an encoding method 
according to the technology disclosed herein. The procedure 
starts in step 200. In step 210, a representation of a CELP 
excitation signal for a ?rst audio signal is provided. Note that 
it is not absolutely necessary to provide the entire ?rst audio 
signal, just the representation of the CELP excitation signal. 
In step 212, a second audio signal is provided, Which is 
correlated With the ?rst audio signal. A set of candidate exci 
tation signals is derived in step 214 depending on the ?rst 
CELP excitation signal. Preferably, the pulse positions of the 
candidate excitation signals are related to the pulse positions 
of the CELP excitation signal of the ?rst audio signal. In step 
216, a CELP encoding is performed on the second audio 
signal, using the reduced set of candidate excitation signals 
derived in step 214. Finally, the representation, i.e. typically 
an index, of the CELP excitation signal for the second audio 
signal is encoded, using references to the reduced candidate 
set. The procedure ends in step 299. 

FIG. 10 illustrates another embodiment of an encoding 
method according to the technology disclosed herein. The 
procedure starts in step 200. In step 211, an audio signal is 
provided. In step 213, a representation of a ?rst CELP exci 
tation signal for the same audio signal is provided. A set of 
candidate excitation signals is decided in step 215 depending 
on the ?rst CELP excitation signal. Preferably, the pulse 
positions of the candidate excitation signals are related to the 
pulse positions of the CELP excitation signal of the ?rst audio 
signal. In step 217, a CELP re-encoding is performed on the 
audio signal, using the reduced set of candidate excitation 
signals derived in step 215. Finally, the representation, i.e. 
typically an index, of the second CELP excitation signal for 
the audio signal is encoded, using references to the non 
reduced candidate set, i.e. the set used for the ?rst CELP 
encoding. The procedure ends in step 299. 

FIG. 11 illustrates an embodiment of a decoding method 
according to the technology disclosed herein. The procedure 
starts in step 200. In step 210, a representation of a ?rst CELP 
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excitation signal for a ?rst audio signal is provided. In step 
252, a representation of a second CELP excitation signal for 
a second audio signal is provided. In step 254, a second 
excitation signal is derived from the second excitation signal 
and With knowledge of the ?rst excitation signal. Preferably, 
a reduced set of candidate excitation signals is derived 
defending on the ?rst CELP excitation signal, from Which a 
second excitation signal is selected by use of an index for the 
second CELP excitation signal. In step 256, the second audio 
signal is reconstructed using the second excitation signal. The 
procedure ends in step 299. 

The embodiments described above are to be understood as 
a feW illustrative examples of the present invention. It Will be 
understood by those skilled in the art that various modi?ca 
tions, combinations and changes may be made to the embodi 
ments Without departing from the scope of the present inven 
tion. In particular, different part solutions in the different 
embodiments can be combined in other con?gurations, Where 
technically possible. The scope of the present invention is, 
hoWever, de?ned by the appended claims. 

The technology disclosed herein alloWs a dramatic reduc 
tion of complexity (both memory and arithmetic operations) 
as Well as bit-rate When encoding multiple audio channels by 
using algebraic codebooks and CELP. 
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The invention claimed is: 
1. A method for encoding audio signals comprising: 
providing, to an encoder, a representation of a ?rst excita 

tion signal of a ?rst ?xed codebook of a code excited 
linear prediction of a ?rst audio signal of a time frame; 

providing, to said encoder, a second audio signal of said 
time frame; 

deriving, in said encoder, a set of candidate excitation 
signals, comprising a plurality of candidate excitation 
signals, as a second ?xed codebook, said deriving of said 
set of candidate excitation signals is made based on said 
?rst excitation signal of said ?rst ?xed codebook of said 
time frame; and 

performing, in said encoder, a code excited linear predic 
tion encoding of said second audio signal using a can 
didate excitation signal selected from said set of candi 
date excitation signals of said second ?xed codebook. 

2. A method according to claim 1, Wherein said second 
audio signal is correlated to said ?rst audio signal. 

3. A method according to claim 1, Wherein deriving said set 
of candidate excitation signals of said second ?xed codebook 
comprises selecting a rule out of a predetermined set of rules 
based on said ?rst excitation signal of said ?rst ?xed code 
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book and/or said second audio signal, whereby said set of 
candidate excitation signals is derived according to said 
selected rule. 

4. A method according to claim 1, Wherein 
said ?rst excitation signal of said ?rst ?xed codebook has n 

pulse locations out of a set of N possible pulse locations; 
said candidate excitation signals of said second ?xed code 
book has pulse locations only at a subset of said N 
possible pulse locations; and 

said subset of pulse locations is selected based on the n 
pulse locations of said ?rst excitation signal of said ?rst 
?xed codebook. 

5. A method according to claim 4, Wherein pulse locations 
of said subset of pulse locations are positioned at positions p], 
where index j is Within intervals {i+L, i+K}, Where i is an 
index of said n pulse locations, K and L are integers and K>L. 

6. A method according to claim 5, Wherein KIl and LI-l . 
7. A method according to claim 1, Wherein said code 

excited linear prediction of said second audio signal is per 
formed With a global search Within said set of candidate 
excitation signals of said second ?xed codebook. 

8. A method according to claim 1, further comprising: 
encoding a second excitation signal of said code excited 

linear prediction of said second audio signal With refer 
ence to said set of candidate excitation signals of said 
second ?xed codebook; and 

providing said encoded second excitation signal together 
With said representation of said ?rst excitation signal. 

9. A method according to claim 8, Wherein deriving said set 
of candidate excitation signals of said second ?xed codebook 
comprises selecting a rule out of a predetermined set of rules 
based on said ?rst excitation signal of said ?rst ?xed code 
book and/or said second audio signal, Whereby said set of 
candidate excitation signals of said second ?xed codebook is 
derived according to said selected rule, said method compris 
ing the further step of providing data representing an identi 
?cation of said selected rule together With said representation 
of said ?rst excitation signal. 

10. A method according to claim 1, further comprising: 
encoding a second excitation signal of said code excited 

linear prediction of said second audio signal With refer 
ence to a set of candidate excitation signals of said 
second ?xed codebook having N possible pulse loca 
tions. 

11. A method according to claim 10, Wherein the second 
audio signal is the same as the ?rst audio signal. 

12. A method according to claim 1, Wherein said ?rst 
excitation signal has n pulse locations, and the second exci 
tation signal has m pulse locations, Where m<n. 

13. A method for decoding of audio signals comprising: 
providing, to a decoder, a representation of a ?rst excitation 

signal of a ?rst ?xed codebook of a code excited linear 
prediction of a ?rst audio signal of a time frame; 

providing, to said decoder, a representation of a second 
excitation signal of a second ?xed codebook of a code 
excited linear prediction of a second audio signal of said 
time frame; 

said second excitation signal being one candidate excita 
tion signal selected from said second ?xed codebook of 
a set of candidate excitation signals comprising a plu 
rality of candidate excitation signals; 

said set of candidate excitation signals of said second ?xed 
codebook being based on said ?rst excitation signal; 

deriving, in said decoder, said second excitation signal 
from said representation of said second excitation signal 
and based on information related to said set of candidate 
excitation signals of said second ?xed codebook; and 
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14 
reconstructing, in said decoder, said second audio signal by 

prediction ?ltering said second excitation signal. 
14. A method according to claim 13, Wherein said second 

audio signal is correlated to said ?rst audio signal. 
15. A method according to claim 13, Wherein said infor 

mation related to said set of candidate excitation signals of 
said second ?xed codebook comprises identi?cation of a rule 
out of a pre-determined set of rules, said rule determining 
derivation of said set of candidate excitation signals of said 
second ?xed codebook. 

16. A method according to claim 13, Wherein 
said ?rst excitation signal of said ?rst ?xed codebook has n 

pulse locations out of a set of N possible pulse locations; 
said candidate excitation signals of said second ?xed code 
book has pulse locations only at a subset of said N 
possible pulse locations; and 

said subset of pulse locations is selected based on the n 
pulse locations of said ?rst excitation signal. 

17. A method according to claim 16, Wherein pulse loca 
tions of said subset of pulse locations are positioned at posi 
tions p], where index j is Within intervals {i+L, i+K}, Where i 
is an index of said n pulse locations, K and L are integers and 
K>L. 

18. A method according to claim 17, Wherein KIl and 
LI-l. 

19. An encoder for audio signals, comprising: 
means for providing a representation of a ?rst excitation 

signal of a ?rst ?xed codebook of a code excited linear 
prediction of a ?rst audio signal of a time frame; 

means for providing a second audio signal of said time 
frame; 

means for deriving a set of candidate excitation signals, 
comprising a plurality of candidate excitation signals, as 
a second ?xed codebook, connected to receive said rep 
resentation of said ?rst excitation signal, said set of 
candidate excitation signals of said second ?xed code 
book being based on said ?rst excitation signal of said 
?rst ?xed codebook; and 

means for performing a code excited linear prediction con 
nected to receive said second audio signal and a repre 
sentation of said set of candidate excitation signals of 
said second ?xed codebook, said means for performing 
a code excited linear prediction being arranged for per 
forming a code excited linear prediction of said second 
audio signal using a candidate excitation signal selected 
from said set of candidate excitation signals of said 
second ?xed codebook. 

20. An encoder according to claim 19, Wherein said second 
audio signal is correlated to said ?rst audio signal. 

21. An encoder according to claim 19, Wherein said means 
for deriving a set of candidate excitation signals of said sec 
ond ?xed codebook is arranged to select a rule out of a 
predetermined set of rules based on said ?rst excitation signal 
of said ?rst ?xed codebook and/or said second audio signal 
and to derive said set of candidate excitation signals of said 
second ?xed codebook according to said selected rule. 

22. An encoder according to claim 19, Wherein 
said ?rst excitation signal of said ?rst ?xed codebook has n 

pulse locations out of a set of N possible pulse locations; 
said candidate excitation signals of said second ?xed code 
book have pulse locations only at a subset of said N 
possible pulse locations; and 

said subset of pulse locations is selected based on the n 
pulse locations of said ?rst excitation signal of said ?rst 
?xed codebook. 

23. An encoder according to claim 22, Wherein pulse loca 
tions of said subset of pulse locations are positioned at posi 




